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(57) ABSTRACT

Embodiments described in the present disclosure relate to an
array microphone apparatus for generating a beam forming
signal. The apparatus includes first, second, and third omni-
directional microphones, each converting an audible signal
into a corresponding electrical signal. The three microphones
are arranged in a horizontal coplanar alignment, and the sec-
ond microphone is disposed between the other two micro-
phones. The apparatus includes a first directional microphone
forming device to jointly output a first directional microphone
signal with a first bi-directional pattern, and a magnitude and
phase response handler device to output a second directional
microphone signal with an omni-directional pattern shifted
by a prefixed value with respect to first directional micro-
phone signal. The apparatus further includes a combining
device receiving the first and second directional microphone
signals and outputting a combined directional microphone
signal with a combined beam pattern correlated to the first
bi-directional and second omni-directional patterns, the com-
bined directional microphone signal being perpendicular to
the horizontal coplanar alignment of the first, second, and
third omn-directional microphones.
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ARRAY MICROPHONE APPARATUS FOR
GENERATING A BEAM FORMING SIGNAL
AND BEAM FORMING METHOD THEREOF

BACKGROUND

1. Technical Field

The present disclosure relates to an array microphone
apparatus and in particular to an array microphone apparatus
for generating a beam forming signal and a beam forming
method thereof.

2. Description of the Related Art

For ease of understanding, the following is a glossary of
certain terms used herein:

First order difference pattern: a pattern that is formed as the
difference in pressure between two points in space. The
two-port microphones often used in hearing aids are of
this type.

Cardioid: a first order difference pattern that has maximum
response in the forward direction and a single null to the
rear.

Bidirectional: general name for any pattern that has equal
maximum response in both the front and rear directions.

Many communication system and voice recognition
devices are designed for use in noisy environments. Examples
of such applications include communication and/or voice
recognition in cars or mobile environments (e.g., on street),
conference calls, Flat panel TV’s, Laptop or other computers,
camera modules, Smartphones, and the like.

For these applications, the microphones in the system may
pick up both the desired voice and also noise. The noise can
degrade the quality of voice communication and speech rec-
ognition performance if it is not dealt with in an effective
manner able to improve communication quality and voice
recognition performance.

Noise suppression may be achieved using various tech-
niques. One of these techniques, known in the state of the art,
is the so called array microphone technique.

With reference to this technique, it is to be noted, as known
to a skilled man, that a substantial directivity can only be
obtained with a spatial distribution larger than the minimum
relevant wavelength.

In the array microphone technique it is possible to distin-
guish two meaningful groups of linear arrays characterized
by the position of the microphones and the main source
angles:

End Fire beam forming, and

Broad Side beam forming.

It is defined broadside beam forming in the array depicted
in FIG. 1 where the microphones M1, . . ., Mn are placed
along the x-axis, and the main beam is perpendicular (y-axis)
to the line of microphones. Particularly the sound coming
from a 90° direction is kept, and the sound coming from the 0°
direction is deleted.

It is defined end fire beam forming in the array depicted in
FIG. 2 where the microphones M1, . . . , Mn are placed along
the y-axis and the main beam is in the direction of the micro-
phones, i.e., the x-axis. Particularly the sound coming from a
0° direction is kept, and the sound coming from the 90°
direction is deleted.

It is to be noted also that, the end fire technique is simpler
with respect to the broad side beam forming. However the end
fire technique has few applications since deleting front signal
sources is generally not suitable for Laptop or Flat panel TV
modules.

On the other side the broad side beam forming technique is
the solution most implemented since it provides noise sup-
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pression, wind noise suppression (mobile phones makers),
and speech enhancement sound equalization.

However, the broad side beam forming technique is gen-
erally realized with a complex algorithm performing Fast
Fourier Transform (FFT), adaptive suppression, and also
inverse FFT.

Therefore, the broad side beam forming technique often
uses a powerful digital signal processor (DSP) or microcon-
troller, software development memory, and several million
instructions per second (MIPS) allocation for the algorithm.

Further it is to be noted that the simplest broad side beam
forming technique works by taking advantages from the
placement of the microphones or by using delays, but this
technique works properly only for a fixed frequency.

These techniques appear to be very capable but are not
always cost-effective and flexible to use in practical situa-
tions.

Thus effective suppression of noise in communication sys-
tem and voice recognition devices is desirable using a cost
effective apparatus.

BRIEF SUMMARY

An object of the present invention is to provide an appara-
tus for generating a beam forming signal and a beam forming
method thereof.

With embodiments described herein, it is possible to obtain
an apparatus able to reduce the sound coming, for example,
from the directions beside the array microphone (6=0° and
6=180°) and conversely able to keep the sound coming, for
example, from the front of the array microphone (6=90° and
6=270°).

Moreover, with embodiments described herein, it is pos-
sible to convert an omni-directional microphones array into a
bidirectional pattern.

Further according to an embodiment, the apparatus is
implemented with a full digital device therefore avoiding the
use of complex algorithm, or additional memories or MIPS.

Finally, the apparatus according to the present invention,
works properly for all the bandwidth.

BRIEF DESCRIPTION OF THE SEVERAL
VIEWS OF THE DRAWINGS

Characteristics and advantages will appear from the fol-
lowing detailed description of a practical embodiment, illus-
trated as a non-limiting example in the set of drawings. Non-
limiting and non-exhaustive embodiments are described with
reference to the following drawings, wherein like labels refer
to like parts throughout the various views unless otherwise
specified. The sizes and relative positions of elements in the
drawings are not necessarily drawn to scale. For example,
some of these elements are enlarged and positioned to
improve drawing legibility. One or more embodiments are
described hereinafter with reference to the accompanying
drawings in which:

FIG. 1 shows a general array of microphones in a broadside
configuration;

FIG. 2 shows a general array of microphones in an end fire
configuration;

FIG. 3 shows an array microphone apparatus according to
an embodiment;

FIG. 4 shows the overall responses of a virtual channel
defined in the array microphone apparatus of FIG. 3;

FIG. 5 shows a bi-directional pattern of the virtual channel;
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FIG. 6 is a graph illustrating frequency vs. gain and fre-
quency vs. phase when the equalization is applied to the
virtual channel and to the omni-directional channel;

FIGS.7A, 7B are graphs illustrating time vs. voltage of the
overall response of the array microphone apparatus in the
case the sound is coming from beside or front direction,
respectively;

FIG. 8 shows a bi-directional pattern of the array micro-
phone apparatus according to an embodiment; and

FIG. 9 is schematic block of an embodiment of the array
microphone apparatus.

DETAILED DESCRIPTION

Although this is not expressly shown, the individual fea-
tures described with reference to each embodiment shall be
intended as auxiliary and/or interchangeable with other fea-
tures, as described with reference to other embodiments.

With reference to FIG. 1, it is indicated with an array
microphone apparatus 1 for generating a beam forming signal
according to an embodiment.

The apparatus 1 includes:

at least a first, a second and a third omni-directional micro-

phone, m1, m2 and m3, respectively,

a first directional microphone forming device 2,

a magnitude and phase response handler device 3, and

a combining device 4.

Each of the omni-directional microphones m1, m2 and m3
are suitable for converting an audible signal into a corre-
sponding first, second and third electrical signal s1, s2 and s3.

According to an embodiment, one of the omni-directional
microphone m1, m2 and m3 is disposed between the other
two omni-directional microphones.

As exemplified in FIG. 3, the microphone interposed
between the other two microphones is the omni-directional
directional microphone indicated with m2.

In other words, the three omni-directional microphones
m1, m2 and m3 are arranged in horizontal coplanar alignment
along the x-axis, and the omni-directional directional micro-
phone m2 is disposed in the middle between the omni-direc-
tional directional microphones m1 and m3.

The audio signal received by the omni-directional micro-
phones m1, m2 and m3 is emitted by a sound source S. 0 is the
phase angle of the sound source S with respect to the micro-
phone arranged in the middle ofthe array of microphones m1,
m?2 and m3.

In the embodiment of FIG. 3, the microphone m1 is dis-
posed on the left of the microphone m2, and microphone m3
is disposed on the right of the microphone m2.

The directional microphone forming device 2 receives the
first, the second, and the third electrical signals s1, s2 and s3
to make the first, second and third omni-directional micro-
phones m1, m2 and m3 jointly output a directional micro-
phone signal ms1 with a bi-directional pattern (FIG. 5).

The directional microphone forming device 2 realizes a
path (also defined as virtual channel) of the apparatus 1 able
to generate the first directional microphone signal ms1 having
the pattern that works in the opposite way of broad side beam
forming.

In other words such directional microphone signal ms1 has
a pattern similar to the pattern of an end fire beam forming.

In fact, also referring to FIG. 5, the first bi-directional
pattern comprises two lobes in afirst line «., i.e., the x-axis, the
two lobes thereof respectively pointing to the left and right in
the first line o.

The magnitude and phase response handler device 3
receives the electrical signal output by the omni-directional
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microphone m2 disposed between the other two omni-direc-
tional microphones m1, m3, i.e., it receives the electrical
signal s2 output by the omni-directional microphone m2
arranged in the middle of the array of microphones m1 and
m3.

The magnitude and phase response handler device 3 real-
izes a second path (or omni-directional channel) of the appa-
ratus 1 able to generate the microphone signal ms2 having its
pattern that works in the same way as an omni-directional
microphone but shifted by an angle 180° with respect to the
first pattern of the first directional microphone signal ms1.

In addition the magnitude and phase response handler
device 3 adjusts the magnitude of signal ms2 to match the
amplitude of the first directional microphone signal ms1 con-
sidering the left or right direction of sound arrival.

The omni-directional channel is represented therefore by
the omni-directional microphone m2, i.e., the one arranged in
the middle of the array of microphones m1, m2 and m3.

The combining device 4 receives the directional micro-
phone signals ms1 and ms2 and outputs a combined direc-
tional microphone signal 5 with a combined beam pattern
correlated to the bi-directional pattern msl and the omni-
directional pattern ms2.

The combined directional microphone signal 5 is a signal
having a broadside configuration.

Therefore, the apparatus 1 is able:

to generate, through the virtual channel or first directional

microphone forming device 2, the first directional
microphone signals ms1 that works in the opposite way
of a classical broad side beam forming;

to generate, through the omni-directional channel or the

magnitude and phase response handler device 3, a signal
ms2 with an omni-directional pattern but in the time
domain, the signal ms2 is 180° shifted with respect to the
msl. In terms of amplitude, the magnitude and phase
response handler device 3 has also the task to adjust the
amplitude of ms2 in order to match the amplitude of ms1
considering the angle 6=0 or 180;

to add, through the combining device 4, the first and second

directional microphone signals ms1 and ms2.

Preferably, the prefixed phase angle 6 is equal to 180° and
hence, the apparatus 1 is able to reduce the sound coming
from the directions beside the array m1, m2, and m3, and
conversely able to keep the sound coming for example from
the front of the array m1, m2, and m3.

In other words combining the first and second directional
microphone signals ms1 and ms2 will ensure a deletion of the
sound when coming from 6=0° and 6=180° and unchanged
sound when coming from 6=90° and 6=270°.

To this end, the first directional microphone forming
device 2 includes a first, a second, and a third adder 6, 7, and
8.

The first adder 6 receives:

the electrical signal s2 output by the omni-directional

microphone m2 disposed between the other two omni-
directional microphones m1 and m3; and

the third electrical signal s3.

The first adder 6 is configured to output a first elaborated
signal s4 as the difference between the third electrical signal
s3 and the electrical signal s2 output by the omni-directional
microphone m2.

The second adder 7 receives:

the electrical signal s2 output by the omni-directional

microphone m2 disposed between the other two omni-
directional microphones m1 and m3; and

the first electrical signal s1.
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The second adder 7 is configured to output a second elabo-
rated signal s5 as the difference between the first electrical
signal s1 and the electrical signal s2 output by the omni-
directional microphone m2.

The third adder 8 receives the first and second elaborated
signals s4 and s5, and the third adder 8 is configured to output
a combined signal s6 sum of the first and second elaborated
signals s4 and s5.

The first directional microphone forming device 2 includes
a first equalization filter 9 that receives the combined signal
$6. The equalization filter 9 is configured to output the first
directional microphone signal ms1.

The first equalization filter 9 is configured for adjusting the
magnitude and phase of the combined signal s6, as hereinafter
described in detail.

The magnitude and phase response handler device 3
includes a second equalization filter 10 receiving the electri-
cal signal s2, output by the omni-directional microphone m2
disposed between the other two omni-directional micro-
phones m1, m3.

The second filtering device 10 is configured to adjust the
magnitude and the phase of the electrical signal s2 output by
the omni-directional microphone m2. The second filtering
device 10 is configured to output the signal ms2.

The combining device 4 includes a fourth adder receiving
the first and second directional microphone signals ms1 and
ms2. The combining device 4 outputs the combined direc-
tional microphone signal 5.

The convenient combination of signals ms1 and ms2, with
opportune adjusting of magnitude and phase through the first
and second filtering devices 9 and 10, gives as a result a beam
5 formed in a broad side configuration.

In an embodiment, the first equalization filter 9 and the
second equalization filter 10 are implemented with infinite
impulse response (IIR) filters.

Referring now to FIG. 9, in which a possible implementing
embodiment of the apparatus 1 is shown, the adders 6,7, 8 and
4 can be physically implemented by the pre-mixers 17, 17'
and post-mixer 18, respectively, whereas the first and second
equalization filters 9 and 10 can be physically implemented
by a chain 11, 11' of ten biquads.

Each pre-mixer 17, 17" is a digital block able to implement
each of the output channels s2, s6 (at least two) of the appa-
ratus 1.

Each pre-mixer 17, 17" works through an appropriate
weighted (indicated as w1, . . . , wn for the pre-mixer 17, and
wl', ..., wn'for the pre-mixer 17') sum of the various inputs
s1, s2, and s3 that are connected to the microphones m1, m2
and m3.

The same implementation can be applied for the post-
mixer 18.

As depicted in FIG. 9, signal s2 can be weighted with its
own weight (i.e., the weight indicated with w2') in order to
match the phase response of the virtual channel in the bode
diagram.

The pre and post mixer stages 17, 17' and 18, embedded in
the apparatus 1, permit the possibility to combine the signals
s1, s2, and s3 in every way.

Moreover in the case the number “n” of microphones dis-
placed in the apparatus 1 is greater than three and/or another
arrangement has provided for the “n” signals emitted by the
“n” microphones, each pre-mixer stage 17, 17' can receive all
the “n” signals and such “n” signals can be weighted and/or
combined by specific weights w and summers.

Such solution gives flexibility to the user to set up his own
beam former.
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It is to be noted also that each biquad of the chains 11, 11'
is a digital block able to implement a transfer function H(z),
H(z)" in the digital domain.

The frequency response of the biquads of the chains 11, 11'
depends on the value of the five coefficients coeffl, . . .,
coetff5.

In other words the first and second equalization filters 9 and
10 are implemented as a random access memory (RAM) bank
hosting the coefficients coeffl, . . ., coefts (five grouped) for
custom frequency equalization. Since the biquads implement
IIR filters, the frequency equalization modifies the response
of'the signals s2 and s6 in terms of magnitude but also intro-
duce a phase distortion.

Particularly the IIR filtering stage, i.e., the first and second
equalization filters 9 and 10, are configured to manage all the
parameters such as magnitude and phase of signals s2 and s6.

The eventually required delays are managed by taking
advances from the phase distortion introduced from the IIR
filters.

In the following are described a way to generate signals
ms1, ms2, and the combined directional microphone signal 5.
Signal ms1

Assuming that (FIG. 3):

the distance x of the sound source S from the microphones

in the array m1, m2 and m3 is much bigger than the
distance d between the microphones m1, m2 and m3,
that is x>>d, and

the microphones in the array m1, m2 and m3 are in hori-

zontal coplanar alignment, and

the microphone m2 is between the other two microphones

m1 and m3, being m1 on the left and m3 on the right,
then

the distances of each of the microphones m1, m2 and m3
from the sound source S can be respectively represented as
follows:

m2: X,=x V¢

m3: X;=x+d-cos($)0<$<90

ml: X,=x-d-cos(¢)0<p<90

For example considering the direction 6=0° the distances
of' each microphones m1, m2 and m3 from the sound source
S can be respectively represented as follows:

m2: X,=x

m3: X;=x+d

ml: X,=x-d

Considering also the next variables:

S,,.: the microphone sensitivity;

the acoustic wave number;

fand c are respectively the considered wave frequency and
the sound speed

The response of each microphone m1, m2 and m3 can be
respectively represented by the next equations:

KX (F;L"‘fl)
m2: Rpp(x) = 5, - &KX =5,. ¢ ¢

i 27 f(x+d-cos(@))
m3: Rya(x) = §3 - %3) = 55 -e( < )

; 2 f(x—dcos@)
ml: Ry (x) = S5y - e X0 = 5 -e( 3 )
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Once the microphone’s responses R,,,;, R, and R ,,; have
been calculated for each microphone m1, m2 and m3, it is
possible to define the response of the microphone array.

In fact, the electrical signals s2 and s3 are routed to the
adder 6, and the electrical signals s1 and s3 are routed to the
adder 7 in order to perform the following sums:

Adder 6=R,,;-R,,,,, i.e., the signal s4,

Adder 7=R,,;-R,,,, 1.e., the signal s5,

The adder 8 makes the sum of the previous results. The
mathematical sum is equal to the next difference:

Adder 8=R,,;+R,,;-2'R,,, i.e., the signal s6

From an acoustical point of view, the previous mathemati-
cal operation (Adder 8 result, i.e., the signal s6) means that the
sound coming from direction 6=90° is completely deleted,
since cos(90)=0 and the microphones sensitivities are the
same:

Rt + Rz =2 R :Sl-e( c

The sound coming from the 8=0° direction has a frequency
response depending from the distance d with respect to the
frequency of the coming sound, since cos(0)=1:

(i-27r- F(x—d)
Rl +Rm3 —2-Rm2 =51-€ ¢

) +53 .e( i-27r-fc-(x+d)) —

The frequency response of the signal s6, varying the f
parameter in the previous equation, is represented in the FIG.
4. The frequency response of the signal s6 looks like a high
pass filter with fixed order.

The first equalization filter 9 applies frequency equaliza-
tion 12 in order to compensate the microphone array response
R,,1sR,,andR, ;. As aresult, i.e., the first directional micro-
phone signal msl, it is possible to achieve a flat response in
the desired bandwidth.

The overall response, i.e., the first directional microphone
signal ms1, considering a sound coming from 6=0° direction
is represented by FIG. 5.

The choice of three microphones m1, m2 and m3 combined
asrepresented in FIG. 3 has not only been done to generate the
eight figures of the FIG. 5 polar diagram but also because it is
ableto achieve the same phase shift between the adder 8 result
and the omni-directional microphone, i.e., the omni-direc-
tional microphone signal ms2.

In fact, considering the result of one adder only, for
example adder 6, if the sound comes from direction 6=0°, the
waves kept by the microphones m3-m2 have a fixed phase
shift 0 with respect to the omni-directional microphone (i.e.,
m?2 only). If the sound comes from 6=180° direction, the
phase shift is equal to the previous one plus 6=180°.

Thanks to the described above apparatus, the combination
of the two adders 6 and 7, it is possible to provide the same
phase shift between the adder 8 result, i.e., the signal s6 and
the omni-directional microphone, i.e., the signal s2.

Signal ms2

The ms2 signal is preferably set 180° shifted with respectto
the ms1 signal. This goal is reached applying through the
second equalization filters 10 an equalization that looks like
the equalization applied by the first equalization filters 9 but
in terms of phase response only.

Finally a gain may also be applied in order to match the
microphones signal amplitude ms1 and ms2 when the sound
comes from 6=0° or 180° direction.
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The equalizations applied by the first and second equaliza-
tion filters 9 and 10 are represented in FIGS. 6A and 6B.

The choice of these first and second equalization filters 9
and 10 can be made considering:

the magnitude; it is done to match the amplitude of the two

channels (i.e., the omni-directional channel and virtual
channel);

the phase; it is done to ensure a fixed 6=180° between the

two channels (i.e., the omni-directional channel and vir-
tual channel).

The choice of the multiple adder stage 6, 7, and 8 may
achieve this statement both for direction 6=0° and 6=180°; in
other words both for left and right.

Combined Directional Microphone Signal 5

At this point, the directional microphone signal ms1 and
the omni-directional signal ms2 are routed to the adder 4 and,
if the sound comes from left or right, the two signals ms1 and
ms2 have the same amplitude but 180° phase shifted; if the
sound comes from the front direction, the virtual channel
brings a very low amplitude wave while the omni-directional
channel is unchanged.

Adding such first and second signals ms1 and ms2 permits
the apparatus 1 to return a deletion of the sound if coming
from left or right (FI1G. 7A). Alternatively, it returns the omni-
directional signal if the sound is coming from the front direc-
tion (FIG. 7B).

The respective polar diagram of the overall system is
depicted in FIG. 8.

Advantageously, the combination of the virtual channel
with the omni-directional channel gives as a result the broad
side configuration, i.e., the combined directional microphone
signal 5, that works properly for all the bandwidth where the
end fire is working and not only for a fixed frequency.

Of course, a man skilled in the art, in order to satisfy
contingent and specific needs, can make numerous modifica-
tions and variations to the apparatus, according to the inven-
tion described above, all moreover contained in the protective
scope of the invention as defined by the following claims.

The various embodiments described above can be com-
bined to provide further embodiments. These and other
changes can be made to the embodiments in light of the
above-detailed description. In general, in the following
claims, the terms used should not be construed to limit the
claims to the specific embodiments disclosed in the specifi-
cation and the claims, but should be construed to include all
possible embodiments along with the full scope of equiva-
lents to which such claims are entitled. Accordingly, the
claims are not limited by the disclosure.

The invention claimed is:

1. An array microphone apparatus to generate a beam form-

ing signal, the apparatus comprising:

first, second, and third omni-directional microphones to
convert an audible signal into corresponding first, sec-
ond, and third electrical signals, respectively, said first,
second, and third omni-directional microphones
arranged in a horizontal coplanar alignment, the second
omni-directional microphone being disposed between
the first and third omni-directional microphones;

a directional microphone forming device to receive the
first, second, and third electrical signals and to produce
a first directional microphone signal having a bi-direc-
tional pattern;

a magnitude and phase response handler device to receive
the second electrical signal and to output a second direc-
tional microphone signal having an omni-directional
pattern, the omni-directional pattern shifted by a pre-
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fixed value with respect to the bi-directional pattern of
the first directional microphone signal; and

a combining device to receive the first and second direc-
tional microphone signals and to output a combined
directional microphone signal having a combined beam
pattern correlated to the bi-directional pattern of the first
directional microphone signal and to the omni-direc-
tional pattern of the second directional microphone sig-
nal, the combined directional microphone signal being
perpendicular to the horizontal coplanar alignment of
the first, second, and third omni-directional micro-
phones.

2. An array microphone apparatus according to claim 1

wherein said prefixed value is 180°.

3. An array microphone apparatus according to claim 1
wherein the bi-directional pattern of the first directional
microphone signal has two lobes in a first line, the two lobes
thereof respectively pointing to the left and right in the first
line, and the omni-directional pattern of the second direc-
tional microphone signal has two lobes in a second line sub-
stantially perpendicular to the first line, the two lobes thereof
respectively pointing to the left and right in the second line.

4. An array microphone apparatus according to claim 1
wherein said directional microphone forming device com-
prises:

a first, a second, and a third adder, wherein:

said first adder is configured to receive the second electrical
signal and the third electrical signal and to output a first
elaborated signal as a difference between the third elec-
trical signal and the second electrical signal,

said second adder is configured to receive the second elec-
trical signal and the first electrical signal and to output a
second elaborated signal as a difference between the first
electrical signal and the second electrical signal, and

said third adder is configured to receive said first and sec-
ond elaborated signals and to output a combined signal
as a sum of said first and second elaborated signals.

5. An array microphone apparatus according to claim 4
wherein said directional microphone forming device com-
prises:

a first equalization filter to receive said combined signal,
said first equalization filter configured to adjust a mag-
nitude and a phase of said combined signal and to output
said first directional microphone signal.

6. An array microphone apparatus according to claim 5
wherein said magnitude and phase response handler device
comprises:

asecond equalization filter to receive said second electrical
signal, said second equalization filter configured to
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adjust the magnitude and the phase of said second elec-
trical signal and to output said second directional micro-
phone signal.

7. An array microphone apparatus according to claim 5
wherein said combining device comprises:

a fourth adder to receive the first directional microphone
signal with the bi-directional pattern and the second
directional microphone signal with the omni-directional
pattern, the fourth adder configured to output said com-
bined directional microphone signal.

8. An array microphone apparatus according to claim 5
wherein said first and second equalization filters are imple-
mented with infinite impulse response (IIR) filters.

9. A beam forming method, comprising:

arranging a first, second, and third omni-directional micro-
phones in horizontal coplanar alignment to convert an
audible signal into corresponding first, second, and third
electrical signals, respectively, wherein the second
omni-directional microphone is disposed between the
first and third omni-directional microphones;

jointly outputting, from the first, second, and third omni-
directional microphones, a first directional microphone
signal having a bi-directional pattern;

outputting, from the second omni-directional microphone,
a second directional microphone signal having an omni-
directional pattern;

shifting by a prefixed angle said second directional micro-
phone signal with respect to said first directional micro-
phone signal; and

combining the first directional microphone signal having
the bi-directional pattern and the second directional
microphone signal having the omni-directional pattern
to generate a combined directional microphone signal
having a combined beam pattern correlated to the bi-
directional pattern of the first directional microphone
signal and to the omni-directional pattern of the second
directional microphone signal, the combined directional
microphone signal being perpendicular to the horizontal
coplanar alignment of the first, second, and third omni-
directional microphones.

10. A beam forming method according to claim 9 wherein
forming the first directional microphone signal having the
bi-directional pattern includes forming the bi-directional pat-
tern with two lobes in a first line, the two lobes thereof
respectively pointing to the left and right in the first line, and
forming the second directional microphone signal having the
omni-directional pattern includes forming the omni-direc-
tional pattern with two lobes in a second line substantially
perpendicular to the first line, the two lobes thereof respec-
tively pointing to the left and right in the second line.
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